Environments affect speaking and listening performance. This contribution reviews some of the main ways in which all sounds are affected by the environment they propagate into. These influences are used to assess how environments affect speakers and listeners. The article concludes with a brief consideration of factors that designers may wish to take into account to address the effects.
Introduction
This work considers how environments affect speech behavior. The principal effect environments have on produced speech is that they modify its acoustic structure and, when a speaker hears this altered speech, it can influence the properties of the speech that is uttered. The changes to the speech sound and noise sources that are present in the environment can affect how listeners process the speech sounds. This contribution starts with a brief review of the way environments alter sounds. It then considers how psychologists have determined how the environment influences speech production and perception. Where speech production and/or perception are adversely affected, designers may wish to modify the environment to reduce the impact of these influences.
How environments affect sounds
In free field conditions there are no walls or objects to affect sound as there are in enclosed spaces. When a sound enters an enclosed space or a space with obstacles, it is affected in several ways. Three ways in which sounds are affected by environments are discussed: timing, frequency and intensity structure.
Time
The temporal properties of sounds are altered in different ways which depend on the dimensions of the room, its contents and the material on the walls. Perhaps the most obvious effect is when an echo occurs. This is a single repetition of the sound source caused by the sound-wave coming against an opposing surface which reflects it. Echoes occur when there is more than one repetition. Some buildings (such as mosques) have been specifically designed to enhance echoes.
The time the echoes arrive after the direct sound depends on the room's dimensions. The delay between the original sound and the first echo can be calculated using the distance between the sound source and the reflecting object divided by the speed of sound. For example, if a wall is 17 meters from a sound source and the speed of sound is 340 meters per second, the echo will be heard at the origin after a delay of 0.1 seconds (2ϫ17/340 seconds). The strength of an echo depends on room contents and dimensions. Strength is specified in dB sound pressure level relative to the directly transmitted wave.
Psychologists often use a procedure where a speaker hears the sound of his or her voice after a delay (commonly called delayed auditory feedback, DAF, which is discussed further in see section 3.1). It is often assumed that the delayed signal is the only sound the speaker hears. Although the voice may be heavily attenuated, it is unlikely that the speaker does not hear any of the direct voice (i.e. at zero delay). Thus the speaker hears a mixture of sound with no delay and after one or more echo.
Frequency
Rooms are resonant structures though the material in the room damps these resonances to different extents. Each room has its particular frequency response. Sounds are filtered in their passage through a room space (some frequencies pass easily into the room and others do not). For speakers using amplification signals, the equipment itself can alter the frequency content.
Intensity
Effects such as echoes, discussed earlier, and amplifiers affect the intensity of any perceived or produced sound. A sound traveling directly from its source to a receiver will be attenuated as distance increases, which will be affected by the transmission medium. In real environments, sound sources will enter environments where there may be other noises (including echoes from past sounds). Speech production is affected when there are sounds in the environment other than that which the speaker makes. These extraneous sounds disrupt the speaker's intensity control. Section 3.3 describes how a speaker's vocal intensity depends on whether they are speaking while hearing their own speech or other noises. The behavior of a reception device (including a listener) that needs to detect or identify a speech sound will be affected when there are extraneous sound sources (in psychoacoustics, the extra sounds are said to mask the signal; see section 4.1). Another example of how extraneous sounds affect listeners is the cocktail party phenomenon where a listener needs to distinguish one voice so as to be able to follow a conversation. Extraneous sounds can be other voices or nonspeech noises.
How environments affect speech production
The effects environments have on speech production are considered before the effects on perception. This is because if the speaker is present in the environment, listening performance will be affected by how speech is changed by the environment as well as by the way the environment affects listening. The listener will receive the altered sound the speaker makes and the environment will affect processing by the listener too.
Time
During the 1950s, the rapid growth in phone use raised interest in how hearing a delayed sound affected speech control (CCITT, 1989a (CCITT, , 1989b . Speaking along with a delayed version of the voice (DAF) is an on-going problem in telephony with the introduction of cellular phones and satellite technology. Many of the findings have relevance for speaking in rooms with echo. It was found that speaking along with a delayed version of the voice (DAF) caused drawling (usually on the medial vowels), led to a Lombard effect (increased voice level), while pitch became monotone, speech errors arose and messages took longer to complete than messages produced in normal listening conditions (Fairbanks, 1955) . It should be noted that in addition to time alterations, telephones can transmit a limited range of frequencies, and the voice can be masked by noise on the equipment.
One question that arises is whether the delayed sound during DAF has to be speech to produce the disruptions to fluent speakers' speech? Howell and Archer (1984) addressed this question by transforming speech into a noise that had the same temporal structure as speech, but none of the phonetic content. Then they delayed the noise sound and compared performance of this with performance under standard DAF. The two conditions produced equivalent disruption over a range of delays. This suggests that the DAF signal does not need to be a speech sound to affect control in the same way as observed under DAF. It appears from these results that speech does not go through the speech comprehension system where its message content is determined and which is then used as feedback to the linguistic processes. The disruption could arise instead if asynchronous inputs affect operation of lower level mechanisms involved in motor control.
Not all speakers are adversely affected by DAF. For instance, fluent speakers vary in their susceptibility to DAF. Howell and Archer (1984) went on to show that susceptibility depended on loudness of the voice, which determined level of feedback (in their experiments feedback could be speech or non-speech noises). A second surprising finding was that the fluency of people who stutter improved when they were played DAF. Researchers who investigated the fluency-enhancing effects of DAF on people who stutter in the 1950s and 1960s include Nessel (1958) , Soderberg (1960) , Chase et al. (1961) , Lotzmann (1961) , Neelley (1961) , Goldiamond (1965) , Ham and Steer (1967) and Curlee and Perkins (1969) .
A further important claim that was made at this time that was embraced by several eminent workers was that DAF produces similar effects in fluent speakers to those that people who stutter ordinarily experience-in particular drawling and speech errors. This prompted Lee (1951) to refer to DAF as a form of 'simulated' stutter. In an extension of this point of view, Cherry and Sayers (1956) used DAF as a way of simulating stuttering in fluent speakers to establish the basis of the problem. They generated two different sources of sound that are heard whilst speaking normally (the sound transmitted over air and that transmitted through bone). They then examined separately which of these 'feedback' components led to increased stuttering rates in fluent speakers when each of them was delayed. The bone-conducted component seemed to be particularly effective in increas-ing 'simulated' stuttering; and they proposed that this source of feedback also led to the problem in speakers who stutter. They then designed a therapy that involved playing noise to speakers who stutter that was intended to mask out the problematic bone-conducted component of vocal 'feedback'. They reported that fluency improved when the voice was masked in this way. Although there is some disagreement about whether speakers who stutter have problems processing bone-conducted sounds (Howell & Powell, 1984) , the effects of masking sounds on the fluency of speakers who stutter has not been disputed. In summary, altering speech timing affects the behavior of fluent speakers adversely but can improve the speech of speakers who stutter.
Frequency
There are relatively few studies on what effects altering the frequency content of speech has on speech control which is unfortunate as those that there are can be extrapolated to environments that affect the frequency content of sound. Early studies examined the effect of filtering speech (Garber & Moller, 1979) . Elman (1981) examined the effects of shifting the speech spectrum (frequency shifted feedback, FSF) on voice pitch, and reported that speakers partially compensate for these shifts. That is, speakers shifted their voice pitch in the opposite direction to the shift made by the experimenter. Subsequent studies have shown that FSF also has little effect on voice level (Howell, 1990) . The incomplete compensation for shifts in frequency of voice pitch in fluent speakers has also been confirmed (Burnett et al., 1997) , as well as being reported for upward shifts in speakers who stutter (Natke et al., 2001) although no compensation occurs for downward shifts in people who stutter (Natke et al., 2001) . Howell et al. (1987) created a frequency-shifted version of the speaker's voice that was synchronous with the speaker's voice, and assessed its effects on speakers who stutter. These authors used a speedchanging method (that produces a frequency shift in the same way that playing a tape recorder at different speeds does). The method they developed produces a virtually synchronous frequency shift. Other features to note about FSF are that the signal level in the shifted version varies with speech level (when speakers produce low intensity sounds, the FSF is also low in intensity, and vice versa). Also, no sound occurs when the speaker is silent (the latter is a feature that is shared with the Edinburgh masker). The two preceding factors limit the noise dose the speaker receives.
The effects on fluency of this (almost real-time) alteration was a marked improvement in fluency in people who stutter even when speakers were instructed to speak at normal rate. The first study reported by Howell et al. (1987) showed that FSF resulted in more fluent speech than DAF or a portable device called the Edinburgh masker (Dewar et al., 1979) . Later studies have argued that FSF does not produce speech that is superior to DAF speech at short delays (Kalinowski et al., 1993; Macleod et al., 1995) . However, these studies have used fast Fourier transform (FFT) techniques to produce frequency shifts. FFT techniques produce significant delays that are somewhat variable (Howell & Sackin, 2002) . Therefore, the studies that claim FSF has the same effect on fluency as DAF have compared FSF plus a short delay, with short-delay DAF. Thus the delay they include under FSF may account for why these studies failed to find a difference between it and DAF, whereas Howell et al. (1987) did. Kalinowski's group claims the paucity of secondary effects on aspects of speech control other than fluency makes FSF acoustically 'invisible' on speakers who stutter (and they maintain that the same applies to short-duration DAF). They also claim that the minimal changes in speech control under these two forms of altered sound lead speakers to produce fluent, or near fluent, speech (Kalinowski & Dayalu, 2002) .
A second important point about the Howell et al. (1987) study was that, as mentioned, the effects on fluency were observed even though speakers were told to speak at a normal rate. Therefore, to the extent to which they obeyed instructions, the effects of FSF seem to be independent of rate. This argues against Costello-Ingham's (1993) view that altered feedback techniques (DAF in particular) work on people who stutter because they slow overall speech rate. Direct tests of whether fluency-enhancing effects occur when speech rate is varied were made by Kalinowski et al. (1996) for DAF, and by Hargrave et al. (1994) , and Natke et al. (2001) for FSF. These studies reported that fluency was enhanced whether or not rate was slow (relative to normal speaking conditions). One proviso about the Kalinowski studies is that a global measure of speech rate was taken. It is possible for speakers to speed up global (mean) speech rate while, at the same time, reducing rate locally within an utterance. See Howell and Sackin (2000) for an empirical study that shows fluent speakers display local slowing in singing and local and global slowing under FSF. Until local measures are taken under FSF in people who stutter, it cannot be firmly concluded whether fluency changes are associated with rate change or not, since the speakers might have increased global rate but reduced local rate around the points where disfluencies would have occurred (Howell & Sackin, 2000) .
In Howell et al.'s (1987) fourth experiment, the effects of presenting FSF at sound onset only (where speakers who stutter have most problems) were compared with those in continuous FSF speech. The effects on fluency did not differ significantly between the two conditions, suggesting that having FSF at sound onset only was as effective as having it on throughout the utterance. This shows that it may be possible to get as much enhancement in fluency when alteration is made to selected areas in an utterance as opposed for when alteration is made to the whole utterance.
Another factor of interest is that Kalinowski's group has investigated how FSF operates in more natural environments such as over the telephone (Zimmerman et al., 1997) , or when speakers have to speak in front of audiences (Armson et al., 1997) . They reported that, in both these environments, there are marked improvements in fluency and, therefore, that these procedures may operate in natural environments.
Intensity
Speaking is affected when the voice is amplified (Fletcher et al., 1918) or when noise is present (Lombard, 1911) . Laboratory studies have shown that when voice level is amplified, speakers reduce voice level and when voice level is reduced, they increase it (called the Fletcher effect). Conversely, when noise level increases, speakers increase their voice level and when noise level reduces, speakers reduce their voice level (called the Lombard effect). It is possible that these compensations could be the result of a negative feedback mechanism for regulating voice level. If speakers need to hear their voice to control it but cannot do so, either because noise level is high or voice level is low, they compensate by increasing level. Speakers would compensate in the opposite way if their speech is too loud (low noise level or when the voice is amplified). Note, however, that explanations other than a feedback account, are also possible. For instance, Lane and Tranel (1971) discuss the view that voice level changes are made so that the audience, rather than the speaker himself or herself, does not receive speech at too high or too low a level.
Speakers who stutter change their voice level in the same direction as fluent speakers when noise is present and when their voice is amplified or attenuated (Howell, 1990) . The effects of non-speech noises on the fluency of speakers who stutter has been examined. In one imaginative study, Sutton and Chase (1961) arranged whether noise was on or off using a voice-activated relay while subjects read aloud. They compared the fluency-enhancing effects of noise that was on continuously, noise that was presented only while the speaker was speaking and noise presented only during the silent periods between speech. They found that all these conditions were equally effective. It appears from this that the operative effect is not simply masking as there is no sound to mask when noise is presented during silent periods. However, Webster and Lubker (1968) pointed out that voice-activated relays take time to operate and so some noise would have been present at the onset of words. Therefore a masking effect cannot be ruled out. Portable masking devices such as the Edinburgh masker (Dewar et al., 1979) have been developed for treating stuttering.
Cognitive influences of speaking environment
Non-auditory influences can affect a speaker's behavior too. The view that speakers can adapt their speech when they know something about the audience has been discussed in connection with Lane and Tranel's interpretation of the Lombard effect. Another practically important example of non-auditory effects is the clear speech phenomenon. When producing clear speech, speakers can make a conscious effort about how to control their voice, overriding environmental influences. It has been shown that if speakers speak clearly, there are substantial intelligibility gains relative to conversational speech for hearing impaired individuals (Picheny et al., 1989) . Clear speech differs from conversational speech in a variety of ways, including speaking rate, consonant power and the occurrence of phonological phenomena (Picheny et al., 1989) . Speakers frequently make attempts to speak clearly in auditoria, although the influences of this have not been studied much outside the hearing impaired field. An exception is the work of Lindblom (1990) who has embodied the idea in his H and H theory that speakers place themselves on a continuum between clear and casual speech based on the perceived importance of getting the message across.
How environments affect speech perception
Topics were arranged in parallel ways in the two previous sections. Perceptual studies have been conducted under perceptual themes rather than parameters that have been manipulated to simulate the effects which occur in real environments. It should be borne in mind that in the case where the speaker, as well as the listener, is in the same space, the sound the perceptual system is dealing with will also have been changed by the environment. In this section, a selection of the perceptual factors that affect listeners is outlined.
Masking
When there are noises (speech or non-speech) in the environment these sounds act as maskers. The effects of masking on listeners' performance have been studied extensively and would take many volumes to describe fully. Here the important effects of masking on listeners' performance are merely noted.
Clear speech
The studies on clear speech described in the preceding section were undertaken with the intention of establishing what benefit these would have to listeners (in the MIT group's work, specifically what effect they would have on hearing impaired listeners). Intelligibility tests suggest around 10% more test words can be identified when speech is spoken clearly.
Location of an object in space
Speakers can localize the origin of a sound in a room. Researchers have examined cues to locales in controlled environments (not room specific) although some important influences that operate in room environments have been studied. A brief description of binaural and monaural cues is given and then some effects that operate in rooms are described.
Sound localization is a listener's ability to identify the location or origin of a detected sound usually in a three-dimensional space (although localization has also been studied in virtual environments). Binaural cues (using both ears) are important in localization ability. The time of arrival at the two ears is different for a sound which is not directly in front of the listener because the length of the path to the near ear is less than that to the far ear. This time delay is the primary binaural cue to sound localization and is called the interaural time difference (ITD).
A secondary binaural cue is the reduction in loudness when the sound reaches the far ear. This is called the interaural intensity difference (IID). IID is frequency dependent as low frequency sounds can bend round the head, whilst high frequencies are blocked by the head and never reach the far ear. Note that these cues will only aid in localizing the sound source's azimuth (the angle between the source and the sagittal plane), not its elevation (the angle between the source and the horizontal plane through both ears).
Monaural localization depends primarily on the filtering effects of external structures like the head, shoulders, torso, and outer ear or pinna. The sound frequencies are filtered depending on the angle from which they strike the various external structures. The main such effect arises from the pinna notch, which arises when the pinna attenuates frequencies in a narrow frequency band. The band of frequencies in the notch depends on the angle from which the sound strikes the outer ear and provides information about the direction of the source.
It has already been mentioned that sound intensity decays with increasing distance form the source. Thus intensity provides a cue to distance but generally speaking, this is not a reliable cue, because it is not known how loud the sound source is. However in the case of a familiar sound such as speech, there is an implicit knowledge of how loud the sound source should be, which enables a rough distance judgment to be made.
Echoes provide reasonable cues to the distance of a sound source, in particular because the strength of echoes does not depend on the distance of the source, while the strength of the sound that arrives directly from the sound source becomes weaker with distance. As a result, the ratio of direct-to-echo strength alters the quality of the sound. In this way consistent, although not very accurate, distance judgments are possible.
The final topic discussed is the precedence effect (Wallach et al., 1949) . This states that only the first of multiple identical sounds is used to determine the sound's location. Echoes, which otherwise could cause confusion about locale, are effectively ignored by the listener's perceptual system.
Auditory stream segregation
A large amount of work has been done on auditory stream segregation since the publication of Bregman's (1990) book. Obviously, one cannot hope to do justice to this in a short paper like this. The main difference between this approach and classic psychoacoustics is in the emphasis placed on top-down cognitive influences. Listeners use a lot of stored information on what they know about the structure of sounds to interpret incoming sounds.
One example is the harmonic sieve model which collects together those frequency components that belong to a particular sound source (Duifhuis et al., 1982) . Voiced speech has a harmonic structure. The basic idea behind a harmonic sieve is that if the auditory system performs a spectral analysis and only those frequencies near to harmonics are taken, only the components from a single speaker would be obtained and other sounds would be sieved out. In this case, listeners make use of information about harmonic structure to segregate sounds.
The auditory stream segregation approach makes extensive use of Gestalt notions. Two related examples from Darwin (1984) and Nakajima et al. (2000) that involve the Gestalt notion of capture are discussed briefly. Darwin's studies showed that a tone that starts or stops at a different time from a steady state vowel was less likely to be heard as part of that vowel than if it was simultaneous with it. In Nakajima et al.'s study, the stimuli consisted of two glides that crossed each other at a point in time (one of which started before and finished after the shorter glide). The shorter glide was continuous, but the longer one was interrupted at the crossover point. However listeners perceived this in the opposite way (the longer one was perceived as continuous and the shorter one as interrupted). This powerful illusion again points to the importance of the Gestalt grouping notions.
Cognitive influences on listeners
As with speech production, there are also cognitive influences in the environment that affect listeners. The ideas stemming form Bregman's work include cognitive influences. The linguistic context is one factor that affects speech dysfluencies produced by fluent speakers (Shriberg, 2001 ). Judgments about sounds are also affected by what the listener sees. One example of this is the well-known McGurk effect (McGurk & MacDonald, 1976) . This is an illusion in which a listener sees a video of a speaker saying the syllable /ga/ whilst hearing the syllable /ba/. The initial plosive in these sounds has different places of articulation (velar and bilabial respectively). Listeners do not report either of these sounds, but report hearing /da/ which has a place of articulation intermediate between /ga/ and /ba/. Another example is where a visual object that moves in synchrony with the sound source (e.g. a ventriloquist's dummy) biases a sound's judged location. The ventriloquism effect has been studied by asking for judgments about sound source location when dummy loudspeakers are visible (Radeau & Bertelson, 1976) .
Conclusion including considerations about room design
This short review does not claim to be comprehensive but, hopefully, raises some considerations about how speakers will be affected by environments with different acoustic properties, and some of the perceptual mechanisms that listeners have available to offset the deleterious effects of some of these influences. Delay and intensity are disruptive on fluent speakers, but frequency alterations less so. Speakers who stutter show similar responses to fluent speakers in these environments although the manipulations alleviate their fluency problem (FSF, DAF and masking of the voice). This shows that the way in which environments affect sound is not necessarily bad for all types of speaker.
Studies are needed which examine together the changes a speaker makes in an environment and how a listener in that same environment processes the altered speech. Speaking clearly can potentially offset poor acoustic characteristics in environments, although this needs to be checked. The precedence effect suggests that the disruptive effects of echoes can be reduced by listeners' perceptual mechanisms. Listeners may use harmonic sieve's to help them track a single voice in noisy environments. Besides these mechanisms that offset problems, there are cases where speakers can be misled (McGurk and ventriloquism effects).
